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LISTING OF ALLOWED CLAIMS 



28. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutiye signal frames of time duration, Tf rame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 

frames, 

compare each of the feature vectors, O(t), with a feature vector set to determine, for 
substantially each feature vector, an associated symbol value so as to generate an observation 
sequence of symbol values associated with the consecutive signal frames, wherein the feature vector 
set has been determined in an off-line training procedure which utilized real-life sound source 
recordings made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path, and stored in non-volatile memory locations of the hearing prosthesis, 
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process the observation sequence of symbol values with at least one discrete Hidden Markov 
Model, X source ={A source ^ b source ' ; a 0 source }, associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
sound source being active in the listening environment, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = A state transition probability matrix, 

B source = An observation symbol probability distribution matrix for an input observation 
0(t) for each state of the at least one Hidden Markov Model, and 
a 0 source = An initial state probability distribution vector. 

29. A hearing prosthesis according to claim 28, wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 

30. A hearing prosthesis according to claim 28, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

31. A hearing prosthesis according to claim 28, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

32. A hearing prosthesis according to claim 29, wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
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Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

33. A hearing prosthesis according to claim 32, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

34. A hearing prosthesis according to claim 32, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 

35. A hearing prosthesis according to claim 28, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

36. A hearing prosthesis according to claim 28, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

37. A hearing prosthesis according to claim 28, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

38. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 
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an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, Tf rame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, 

compare each of the feature vectors, O(t), with a feature vector set to determine, for 
substantially each feature vector, an associated symbol value so as to generate an observation 
sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models, X source ={^4 source ^ ^ source ^ ^ource^ assoc j a t e( j yyjjh respective predetermined 
sound sources to determine element values of a classification vector indicating a probability of each 
predetermined sound source being active in the listening environment, wherein the processing means 
further comprises a decision controller adapted to smooth inherent time scales of the plurality of 
discrete Hidden Markov Models by monitoring element values of the classification vector and 
control the one or several values of the related algorithm parameters, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 
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thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = A state transition probability matrix, 

B s ° urce = An observation symbol probability distribution matrix for an input observation 
0(t) for each state of the at least one Hidden Markov Model, and 
a 0 S ° urce = An initial state probability distribution vector. 

39. A hearing prosthesis according to claim 38, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

41. A hearing prosthesis according to claim 38, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

42. A hearing prosthesis according to claim 38, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument. 

43. A hearing prosthesis according to claim 38, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

44. A hearing prosthesis according to claim 38, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 
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45 . A hearing prosthesis according to claim 38, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

46. A hearing prosthesis according to claim 38, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

47. A hearing prosthesis according to claim 38, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

48. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, T fmme , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 
frames, wherein the value of T frame lies between 1 and 100 milliseconds, 
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compare each of the feature vectors, Oft), with a feature vector set to determine, for 

substantially each feature vector, an associated symbol value so as to generate an observation 

sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with at least one discrete Hidden Markov 
Model, X source ={A sourc \ b source ', a 0 source }, associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
sound source being active in the listening environment, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = A state transition probability matrix, 

B source = An observation symbol probability distribution matrix for an input observation 
Oft) for each state of the at least one Hidden Markov Model, and 
a 0 source = An initial state probability distribution vector. 

49. A hearing prosthesis according to claim 48, wherein the value of T f rame lies between 
5 and 1 0 milliseconds. 

50. A hearing prosthesis according to claim 48, wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 
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51. A hearing prosthesis according to claim 48, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

52. A hearing prosthesis according to claim 48, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

53. A hearing prosthesis according to claim 48, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument 

54. A hearing prosthesis according to claim 53, wherein the real-life sound recordings 
have been made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path. 

55. A hearing prosthesis according to claim 50, wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

56. A hearing prosthesis according to claim 55, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

57. A hearing prosthesis according to claim 55, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1 -60 
seconds. 
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58. A hearing prosthesis according to claim 48, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

59. A hearing prosthesis according to claim 48, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

60. A hearing prosthesis according to claim 48, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

61. A hearing prosthesis comprising : 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal: 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, Tf rame , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 

frames, 
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compare each of the feature vectors, 0(t), with a feature vector set to determine, for 

substantially each feature vector, an associated symbol value so as to generate an observation 

sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with at least one ergodic Hidden Markov 
Model, 1 source -{A source ', B source ^ a 0 source }, associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
sound source being active in the listening environment, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = a state transition probability matrix, 

B sowce = An observation symbol probability distribution matrix for an input observation, 
and O(t) for each state of the at least one Hidden Markov Model 
a 0 source = An initial state probability distribution vector. 

62. A hearing prosthesis according to claim 6 1 , wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 

63. A hearing prosthesis according to claim 61 , wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 
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64. A hearing prosthesis according to claim 6 1 , wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

65. A hearing prosthesis according to claim 61, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument 

66. A hearing prosthesis according to claim 65, wherein the real-life sound recordings 
have been made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path. 

67. A hearing prosthesis according to claim 61 , wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

68. A hearing prosthesis according to claim 67, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

69. A hearing prosthesis according to claim 67, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 
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70. A hearing prosthesis according to claim 61, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

71. A hearing prosthesis according to claim 61 , wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

72. A hearing prosthesis according to claim 61, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

73. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, Tf rame , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 

frames, 
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compare each of the feature vectors, 0(t), with a feature vector set to determine, for 

substantially each feature vector, an associated symbol value so as to generate an observation 

sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with at least one discrete Hidden Markov 
Model, X source ={A source } b source ^ a 0 source ), associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
sound source being active in the listening environment, wherein the predetermined sound source is 
constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = A state transition probability matrix, 

B source = An observation symbol probability distribution matrix for an input observation 
Oft) for each state of the at least one Hidden Markov Model, and 
a 0 source = An initial state probability distribution vector. 

74. A hearing prosthesis according to claim 73, wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 
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75. A hearing prosthesis according to claim 73, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

76. A hearing prosthesis according to claim 73, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

77. A hearing prosthesis according to claim 73, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument 

78. A hearing prosthesis according to claim 77, wherein the real-life sound recordings 
have been made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path. 

79. A hearing prosthesis according to claim 74, wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

80. A hearing prosthesis according to claim 79, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

81 . A hearing prosthesis according to claim 79, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 
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82. A hearing prosthesis according to claim 73, wherein each of the feature vectors 

comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

83. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, Tf rame , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 

frames, 

compare each of the feature vectors, Oft), with a feature vector set to determine, for 
substantially each feature vector, an associated symbol value so as to generate an observation 
sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with at least one discrete Hidden Markov 
Model, X source ={A source ', B source : a 0 source }, associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
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sound source being active in the listening environment, wherein the predetermined sound source is a 
mixture of speech and babble noise with a particular target signal to noise ration, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = a state transition probability matrix, 

B source = An observation symbol probability distribution matrix for an input observation 
0(t) for each state of the at least one Hidden Markov Model, and 
a 0 source = An initial state probability distribution vector. 

84. A hearing prosthesis according to claim 83, wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 

85. A hearing prosthesis according to claim 83, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

86. A hearing prosthesis according to claim 83, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

87. A hearing prosthesis according to claim 83, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument 
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88. A hearing prosthesis according to claim 87, wherein the real-life sound recordings 
have been made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path. 

89. A hearing prosthesis according to claim 84, wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

90. A hearing prosthesis according to claim 89, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

91 . A hearing prosthesis according to claim 89, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 

92. A hearing prosthesis according to claim 83, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

93. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment; 
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an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal; 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal; 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm; 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration, T frame , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 
frames, wherein each of the feature vectors comprises a plurality of cepstrum parameters or 
differential cepstrum parameters representing the predetermined signal features of the consecutive 
signal frames, 

compare each of the feature vectors, O(t), with a feature vector set to determine, for 
substantially each feature vector, an associated symbol value so as to generate an observation 
sequence of symbol values associated with the consecutive signal frames, 

process the observation sequence of symbol values with at least one discrete Hidden Markov 
Model X source ={A sourc \ b sourc \ a 0 source }, associated with a predetermined sound source to 
determine element value(s) of a classification vector indicating a probability of the predetermined 
sound source being active in the listening environment, 

control one or several values of the related algorithm parameters in dependence of the 
element value(s) of the classification vector, 
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thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment, wherein 

A source = A state transition probability matrix, 

B S0UKe = An observation symbol probability distribution matrix for an input observation 
Oft) for each state of the at least one Hidden Markov Model, and 
a 0 S0Ur ° e = An initial state probability distribution vector. 

94. A hearing prosthesis according to claim 93, wherein the processing means are 
adapted to process the observation sequence of symbol values with a plurality of discrete Hidden 
Markov Models associated with respective predetermined sound sources to determine the element 
values of the classification vector indicating a probability of each predetermined sound source. 

95. A hearing prosthesis according to claim 93, wherein the feature vectors are associated 
with respective integer symbol values during a vector quantization process. 

96. A hearing prosthesis according to claim 93, wherein the feature vector set comprises 
between 8 and 256 discrete symbols. 

97. A hearing prosthesis according to claim 93, wherein the feature vector set has been 
determined in an off-line training procedure which utilized real-life sound source recordings and 
stored in non-volatile memory locations of the hearing instrument 

98. A hearing prosthesis according to claim 97, wherein the real-life sound recordings 
have been made through an input signal path of a target hearing prosthesis or by performing a 
substantially similar signal processing of an input signal to simulate characteristics of the input 
signal path. 
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99. A hearing prosthesis according to claim 94, wherein the processing means further 
comprises a decision controller adapted to smooth inherent time scales of the plurality of discrete 
Hidden Markov Models by monitoring element values of the classification vector and control the 
one or several values of the related algorithm parameters. 

1 00. A hearing prosthesis according to claim 99, wherein the decision controller comprises 
a Hidden Markov Model operating on a substantially longer time scale of the input signal than the 
inherent time scales of the plurality of discrete Hidden Markov Models. 

101. A hearing prosthesis according to claim 99, wherein the inherent time scales of the 
plurality of discrete Hidden Markov Models are selected within a range of 10-100 milliseconds and 
the substantially longer time scale of the Hidden Markov Model is selected within a range of 1-60 
seconds. 

102. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 
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segment the input signal into consecutive signal frames of time duration T frame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, wherein the value of T frame lies between 1 and 100 milliseconds, 

process the feature vectors with one or more Hidden Markov Models operating on a first time 
scale and associated with respective predetermined sound sources to determine element values of a 
first classification vector indicating a probability of the predetermined sound sources being active in 
the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
values of the classification vector, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

103. A hearing prosthesis according to claim 1 02, wherein the value of T frame lies between 
5 and 10 milliseconds. 

104. A hearing prosthesis according to claim 102, wherein the first time scale is selected 
within the range 10-100 milliseconds, and the second time scale is selected within the range 1-60 
seconds. 

105. A hearing prosthesis according to claim 1 02, wherein the one or more Hidden 
Markov Models comprises between 2 and 10 states. 
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1 06. A hearing prosthesis according to claim 102, wherein the predetermined sound 

sources are constituted by a mixture of speech and/or traffic noise and/or babble noise mixed 
together in a predetermined proportion. 

1 07. A hearing prosthesis according to claim 1 02, wherein the predetermined sound 
sources are mixtures of speech and babble noise with a particular target signal to noise ration. 

108. A hearing prosthesis according to claim 102, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

109. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration T frame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, 
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process the feature vectors with the one or more Hidden Markov Models operating on a first 
time scale and associated with respective predetermined sound sources to determine element values 
of a first classification vector indicating a probability of the predetermined sound sources being 
active in the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
values of the classification vector, wherein the first time scale is selected within the range 10-100 ms 
and the second time scale is selected within the range 1 -60 seconds, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

110. A hearing prosthesis according to claim 1 09, wherein the one or more Hidden 
Markov Models comprises between 2 and 10 states. 

111. A hearing prosthesis according to claim 109, wherein the predetermined sound 
sources are constituted by a mixture of speech and/or traffic noise and/or babble noise mixed 
together in a predetermined proportion. 

112. A hearing prosthesis according to claim 109, wherein the predetermined sound 
sources are mixtures of speech and babble noise with a particular target signal to noise ration. 

113. A hearing prosthesis according to claim 1 09, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 
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114. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration T^ ame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 

frames, 

process the feature vectors with the one or more ergodic Hidden Markov Models operating 
on a first time scale and associated with respective predetermined sound sources to determine 
element values of a first classification vector indicating a probability of the predetermined sound 
sources being active in the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
values of the classification vector, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 
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thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

115. A hearing prosthesis according to claim 1 14, wherein the first time scale is selected 
within the range 10-100 milliseconds, and the second time scale is selected within the range 1-60 
seconds. 

116. A hearing prosthesis according to claim 1 1 4, wherein the predetermined sound 
sources are constituted by a mixture of speech and/or traffic noise and/or babble noise mixed 
together in a predetermined proportion. 

117. A hearing prosthesis according to claim 1 1 4, wherein the predetermined sound 
sources are mixtures of speech and babble noise with a particular target signal to noise ration. 

118. A hearing prosthesis according to claim 1 14, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

119. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 
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a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration T^ rame , and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 
frames, 

process the feature vectors with the one or more Hidden Markov Models operating on a first 
time scale and associated with respective predetermined sound sources to determine element values 
of a first classification vector indicating a probability of the predetermined sound sources being 
active in the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
values of the classification vector, wherein the predetermined sound sources are constituted by a 
mixture of speech and/or traffic noise and/or babble noise mixed together in a predetermined 
proportion, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

1 20. A hearing prosthesis according to claim 1 1 9, wherein the first time scale is selected 
within the range 10-100 milliseconds, and the second time scale is selected within the range 1-60 

seconds. 
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121. A hearing prosthesis according to claim 119, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

122. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration T fmme , and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 
frames, 

process the feature vectors with the one or more Hidden Markov Models operating on a first 
time scale and associated with respective predetermined sound sources to determine element values 
of a first classification vector indicating a probability of the predetermined sound sources being 
active in the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
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values of the classification vector, wherein the predetermined sound sources are mixtures of speech 
and babble noise with a particular target signal to noise ration, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

123. A hearing prosthesis according to claim 122, wherein the first time scale is selected 
within the range 10-100 milliseconds, and the second time scale is selected within the range 1-60 

seconds. 

124. A hearing prosthesis according to claim 122, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

125. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 
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the processing means being further adapted to: 

segment the input signal into consecutive signal frames of time duration T^ rame , and generate 
respective feature vectors, Oft), representing predetermined signal features of the consecutive signal 
frames, wherein each of the feature vectors comprises a plurality of cepstrum parameters or 
differential cepstrum parameters representing the predetermined signal features of the consecutive 
signal frames, 

process the feature vectors with the one or more Hidden Markov Models operating on a first 
time scale and associated with respective predetermined sound sources to determine element values 
of a first classification vector indicating a probability of the predetermined sound sources being 
active in the listening environment, 

process the first classification vector with a Hidden Markov Model operating at a second 
time scale and associated with one or more predetermined sound sources to determine element 
values of the classification vector, wherein the predetermined sound sources are mixtures of speech 
and babble noise with a particular target signal to noise ration, 

control one or several values of the related algorithm parameters in dependence of element 
values of the classification vector, 

thereby adapting characteristics of the predetermined signal processing algorithm to the 
current listening environment. 

126. A hearing prosthesis according to claim 125, wherein the first time scale is selected 
within the range 10-100 milliseconds, and the second time scale is selected within the range 1-60 
seconds. 

127. A hearing prosthesis comprising: 
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a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with at least two 
predetermined signal processing algorithms and respective sets of algorithm parameters to generate 
the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, T f rame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, wherein the value of T f rame lies between 1 and 100 milliseconds, 

process the feature vectors with at least one Hidden Markov Model X source = {A source > 
b(0(t)), a 0 source }^ associated with a predetermined sound source to determine element values of a 
classification vector indicating a probability of the predetermined sound source being active in the 
listening environment, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 
A source = a state probability matrix, 

b(0(t)) = Probability function for an input observation O(t) for each state of the at least one 
Hidden Markov Model, and 
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a 0 source = An initial state probability distribution vector. 

1 28. A hearing prosthesis according to claim 1 27, wherein the value of T frame nes between 
5 and 10 milliseconds. 

129. A hearing prosthesis according to claim 127, comprising a pair of omni-directional 
microphones generating a pair of input signals to provide the hearing prosthesis with a directional 
signal mode and a non-directional signal mode and wherein the processing means control the 
transition between the directional and non-directional signal mode. 

1 30. A hearing prosthesis according to claim 127, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

131. A hearing prosthesis according to claim 127, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

1 32. A hearing prosthesis according to claim 127, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

133. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 
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processing means adapted to process the input signal in accordance with at least two 

predetermined signal processing algorithms and respective sets of algorithm parameters to generate 

the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, T f ram e, and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 
frames, 

process the feature vectors with at least one ergodic Hidden Markov Model X source = {A 
source^ ^q^^ a ^ source^ assoc j atec i w j m a predetermined sound source to determine element values 
of a classification vector indicating a probability of the predetermined sound source being active in 
the listening environment, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 

A source = A state probability matrix, 

b(0(t)) = Probability function for an input observation 0(f) for each state of the at least one 
Hidden Markov Model, and 

a 0 source = An initial state probability distribution vector. 

134. A hearing prosthesis according to claim 133, comprising a pair of omni-directional 
microphones generating a pair of input signals to provide the hearing prosthesis with a directional 
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signal mode and a non-directional signal mode and wherein the processing means control the 
transition between the directional and non-directional signal mode. 

135. A hearing prosthesis according to claim 133, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

136. A hearing prosthesis according to claim 1 33, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

137. A hearing prosthesis according to claim 133, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

138. A hearing prosthesis comprising: 

a pair of omni-directional microphones adapted to generate a pair of input signals in response 
to receiving an acoustic signal from a listening environment to provide the hearing prosthesis with a 
directional signal mode and a non-directional signal mode, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the pair of input signals in accordance with a respective 
pair of predetermined signal processing algorithms and respective sets of algorithm parameters to 
generate the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 
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segment an input signal into consecutive signal frames of time duration, T frame, and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 

frames, 

process the feature vectors with at least one ergodic Hidden Markov Model X source = {A 
source^ jj(Q(0^ a ^ source^ assoc i ate( } w j tri a predetermined sound source to determine element values 
of a classification vector indicating a probability of the predetermined sound source being active in 
the listening environment, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 

A source = A state probability matrix, 

b(0(t)) = Probability function for an input observation O(t) for each state of the at least one 
Hidden Markov Model, and 

a 0 source = An initial state probability distribution vector. 

139. A hearing prosthesis according to claim 138, wherein the predetermined sound source 
is constituted by a mixture of speech and/or traffic noise and/or babble noise mixed together in a 
predetermined proportion. 

140. A hearing prosthesis according to claim 138, wherein the predetermined sound source 
is a mixture of speech and babble noise with a particular target signal to noise ration. 

141. A hearing prosthesis according to claim 138, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 
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1 42. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with at least two 
predetermined signal processing algorithms and respective sets of algorithm parameters to generate 
the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, T f rame , and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 

frames, 

process the feature vectors with at least one Hidden Markov Model \ source = {A source > 
b(0(t)), a 0 source }^ associated with a predetermined sound source to determine element values of a 
classification vector indicating a probability of the predetermined sound source being active in the 
listening environment, wherein the predetermined sound source is constituted by a mixture of speech 
and/or traffic noise and/or babble noise mixed together in a predetermined proportion, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 

A source = A state probability matrix, 
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b(0(t)) = Probability function for an input observation O(t) for each state of the at least one 
Hidden Markov Model, and 

a 0 source = An initial state probability distribution vector. 

143. A hearing prosthesis according to claim 1 42, comprising a pair of omni-directional 
microphones generating a pair of input signals to provide the hearing prosthesis with a directional 
signal mode and a non-directional signal mode and wherein the processing means control the 
transition between the directional and non-directional signal mode. 

144. A hearing prosthesis according to claim 142, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

145. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with at least two 
predetermined signal processing algorithms and respective sets of algorithm parameters to generate 
the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 
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segment an input signal into consecutive signal frames of time duration, T f rame , and generate 
respective feature vectors, 0(t), representing predetermined signal features of the consecutive signal 

frames, 

process the feature vectors with at least one Hidden Markov Model X source = {A source \ 
b(0(t)), a 0 source }^ associated with a predetermined sound source to determine element values of a 
classification vector indicating a probability of the predetermined sound source being active in the 
listening environment, wherein the predetermined sound source is a mixture of speech and babble 
noise with a particular target signal to noise ration, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 

A source = A state probability matrix, 

b(0(t)) = Probability function for an input observation 0(t) for each state of the at least one 
Hidden Markov Model, and 

a 0 source = An initial state probability distribution vector. 

1 46. A hearing prosthesis according to claim 1 45, comprising a pair of omni-directional 
microphones generating a pair of input signals to provide the hearing prosthesis with a directional 
signal mode and a non-directional signal mode and wherein the processing means control the 
transition between the directional and non-directional signal mode. 

147. A hearing prosthesis according to claim 145, wherein each of the feature vectors 
comprises a plurality of cepstrum parameters or differential cepstrum parameters representing the 
predetermined signal features of the consecutive signal frames. 

148. A hearing prosthesis comprising: 
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a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer for converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with at least two 
predetermined signal processing algorithms and respective sets of algorithm parameters to generate 
the processed output signal, 

a memory area storing values of the respective algorithm parameters for the at least two 
predetermined signal processing algorithms, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, T f rame , and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, wherein each of the feature vectors comprises a plurality of cepstrum parameters or 
differential cepstrum parameters representing the predetermined signal features of the consecutive 
signal frames, 

process the feature vectors with at least one Hidden Markov Model X source = {A sourc \ 
b(0(t)), a 0 source }^ associated with a predetermined sound source to determine element values of a 
classification vector indicating a probability of the predetermined sound source being active in the 
listening environment, 

control a transition between the at least two predetermined signal processing algorithms in 
dependence of element values of the classification vector, wherein: 
A source = A state probability matrix, 
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b(0(t)) = Probability function for an input observation 0(t) for each state of the at least one 
Hidden Markov Model, and 

a 0 source = An initial state probability distribution vector. 

149. A hearing prosthesis according to claim 148, comprising a pair of omni-directional 
microphones generating a pair of input signals to provide the hearing prosthesis with a directional 
signal mode and a non-directional signal mode and wherein the processing means control the 
transition between the directional and non-directional signal mode. 

150. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer fro converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, Tf rame and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, wherein the value of T f rame lies between 1 and 100 milliseconds, 
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process the feature vectors with a set of Hidden Markov Models modeling respective isolated 
words or commands to determine element values of a classification vector indicating a probability of 
an isolated word or command being spoken, 

thereby making the hearing prosthesis capable of recognizing a corresponding set of isolated 
words or commands. 

151. A hearing prosthesis according to claim 1 50, wherein the value of T f rame lies between 
5 and 10 milliseconds. 

1 52. A hearing prosthesis according to claim 1 50, wherein the processing means is adapted 
to recognize voice commands from the user to control one or several functions of the hearing 
prosthesis. 

153. A hearing prosthesis according to claim 150, wherein the set of Hidden Markov 
Models utilizes left-right Hidden Markov Models. 

154. A hearing prosthesis according to claim 1 50, wherein a training of the set of Hidden 
Markov Models has been performed on words or commands spoken by the user during a fitting 

session. 

155. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer fro converting a processed output signal into an electrical or an acoustic 
output signal, 
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processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, Tf rame and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, 

process the feature vectors with a set of ergodic Hidden Markov Models modeling respective 
isolated words or commands to determine element values of a classification vector indicating a 
probability of an isolated word or command being spoken, 

thereby making the hearing prosthesis capable of recognizing a corresponding set of isolated 
words or commands. 

1 56. A hearing prosthesis according to claim 155, wherein the processing means is adapted 
to recognize voice commands from the user to control one or several functions of the hearing 
prosthesis. 

157. A hearing prosthesis according to claim 1 55, wherein the set of Hidden Markov 
Models utilizes left-right Hidden Markov Models. 

158. A hearing prosthesis according to claim 155, wherein a training of the set of Hidden 
Markov Models has been performed on words or commands spoken by the user during a fitting 

session. 
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159. A hearing prosthesis comprising: 

a microphone adapted to generate an input signal in response to receiving an acoustic signal 
from a listening environment, 

an output transducer fro converting a processed output signal into an electrical or an acoustic 
output signal, 

processing means adapted to process the input signal in accordance with a predetermined 
signal processing algorithm and related algorithm parameters to generate the processed output 
signal, 

a memory area storing values of the related algorithm parameters for the predetermined 
signal processing algorithm, 

the processing means being further adapted to: 

segment an input signal into consecutive signal frames of time duration, Tf rame and generate 
respective feature vectors, O(t), representing predetermined signal features of the consecutive signal 
frames, wherein each of the feature vectors comprises a plurality of cepstrum parameters or 
differential cepstrum parameters representing the predetermined signal features of the consecutive 
signal frames, 

process the feature vectors with a set of Hidden Markov Models modeling respective isolated 
words or commands to determine element values of a classification vector indicating a probability of 
an isolated word or command being spoken, 

thereby making the hearing prosthesis capable of recognizing a corresponding set of isolated 
words or commands. 
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1 60. A hearing prosthesis according to claim 159, wherein the processing means is adapted 
to recognize voice commands from the user to control one or several functions of the hearing 
prosthesis. 

161. A hearing prosthesis according to claim 1 59, wherein the set of Hidden Markov 
Models utilizes left-right Hidden Markov Models. 

1 62. A hearing prosthesis according to claim 1 59, wherein a training of the set of Hidden 
Markov Models has been performed on words or commands spoken by the user during a fitting 
session. 



A/72377468.1/2024429-7005162001 



45 



